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Description 

BACKGROUND OF THE INVENTION 

[0001] The present invention as it is defined in the ap- 
pended claims relates to active noise cancellation sys- 
tems, and more particularly to systems having extended 
frequency stability regions so as to permit the suppres- 
sion of broader bandwidth disturbances. 
[0002] The objective in active noise cancellation is to 
generate a waveform that inverts a nuisance noise 
source and suppresses it at selected points in space. In 
active noise cancelling, a waveform is generated for 
subtraction, and the subtraction is performed acousti- 
cally, rather than electrically. 

[0003] In a basic active noise cancellation system, a 
noise source is measured with a local sensor such as 
an accelerometeror microphone. The noise propagates 
acoustically over an acoustic channel to a point in space 
where noise suppression is desired, and at which is 
placed another microphone. The objective is to remove 
the acoustic energy components due to the noise 
source. The measured noise waveform from the local 
sensor is input to an adaptive filter, the output of which 
drives a speaker. The second microphone output at the 
point to be quieted serves as the error waveform for up- 
dating the adaptive filter. The adaptive filter changes its 
weights as it iterates in time to produce a speaker output 
that at the microphone looks as much as possible (in the 
minimum mean squared error sense) like the inverse of 
the noise at that point in space. Thus, in driving the error 
waveform to have minimum power, the adaptive filter re- 
moves the noise by driving the speaker to generate in- 
verted noise in order to suppress it. 
[0004] Many previous active noise cancelers use the 
filtered-X LMS algorithm, which requires a training 
mode. The function of the training mode is to learn the 
transfer functions of the speaker and microphones used 
in the system so that compensation filters can be insert- 
ed in the feedback loop of the LMS algorithm to keep it 
stable. As the physical situation changes, the training 
mode must be reinitiated. For example, in an automobile 
application to suppress noise within a passenger com- 
partment, the training mode may need to be performed 
again every time a window is opened, or another pas- 
senger enters the compartment, or when the automobile 
heats up during the day. The training mode can be quite 
objectionable to passengers in the vehicle. 
[0005] U.S. Patent 5,117,401 describes an active 
adaptive noise canceller which does not require a train- 
ing mode. The insertion of a time delay in the computa- 
tion of the updated weights modifies the frequency sta- 
bility regions of the canceiier Hence, the canceller pro- 
vides a mechanism through which the adaptive noise 
cancellation can be easily adapted to suit any applica- 
tion at hand by simpfy adjusting the time delay value to 
acquire the desired frequency stability regions. This ap- 
proach however, has a limitation in that the insertion of 



delay provides very limited control over the bandwidth 
of the frequency stability region. 
[0006] GB 2 257 327 A discloses an active vibration 
control system for suppressing vibrations or noise. In or- 
5 der to provide satisfactory noise suppression effects 
over the entire frequency range, the system comprises 
a plurality of channels for different frequency bands. 
Each channel comprises a bandpass filter and an adap- 
tive control circuit. The output signals of all channels are 
10 added to generate an error signal e. The error signal is 
used to vary the inverse transfer characteristic of the 
channels. 

[0007] It is the object of the invention to provide an 
active noise canceller system having an increased noise 
15 cancellation bandwidth. 

[0008] This object is solved by the invention as 
claimed in Independent claim 1 . 
[0009] Preferred embodiments are defined by the de- 
pendent claims. 
20 [0010] The invention provides an active noise cancel- 
lation system employing a LMS filter algorithm with ex- 
tended frequency stability regions to permit the suppres- 
sion of broader bandwidth disturbances. 
[0011] In accordance with the invention, an active 
25 noise canceiier is described, wherein the noise band- 
width over which suppression Is to take place is parti- 
tioned into frequency sub-bands, and multiple adaptive 
filter channels using different delays to achieve stability 
in the respective sub-bands are employed. Each chan- 
30 nel includes bandpass filters to restrict the channel to 
operation over only the particular frequency sub-band, 
and delay is inserted in the operation of the filter weight 
updating. Because each channel is stable over its fre- 
quency sub-band, the canceller operates over the ex- 
35 tended noise bandwidth formed by all the sub-bands. 
[0012] In an exemplary embodiment, the canceller 
suppresses noise signals from a noise source, and in- 
cludes a noise sensor for generating noise sensor sig- 
nals representative of the noise signals, an acoustic 
40 sensor, and acoustic output device. First and second 
channels are responsive to the noise sensor signals and 
the acoustic sensor signals, and adaptive filters gener- 
ate respective channel output signals which are com- 
bined to drive the acoustic output device. Each channel 
45 includes respective bandpass filters which restrict the 
operation of the channel to a particular frequency sub- 
band, by filtering the noise sensor signal and the acous- 
tic sensor signal. Each channel further includes delay 
means for delaying the operation of the filter weight up- 
50 dating. 

BRIEF DESCRIPTION OF THE DRAWING 

[0013] These and other features and advantages of 
55 the present invention will become more apparent from 
the following detailed description of an exemplary em- 
bodiment thereof, as illustrated in the accompanying 
drawings, in which: 
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to 1 70 Hz, 1 500 to 2900 Hz, and 3400 to 5000 Hz. For 
a sampling frequency of 10,000 Hz, the insertion of a 7 
sample delay provides upward bending of the phase 
curve to the speaker-microphone phase response func- 
tion so that the stability regions now have changed to 

approximately 1 to 2 Hz, 1 7 to 42 Hz, 70 to 1400 Hz and }• 
3000 to 5000 Hz. : 
[0021] "Frequency stability region" in the context of 
this ANC system means that the adaptive filter is stable \ 
ANC processing channels to extend the frequency sta- to when operated to suppress disturbing signals within this j 
bilrty regions. frequency range. Conversely, the adaptive filter cannot j 

[0017] FIG. 4 is a simplified schematic block diagram be kept stable absolutely when it is excited by signals j 
of an ANC processing channel comprising the system that fall outside of this region. j 
of FIG. 3. [0022] In the example shown in FIG. 2, the insertion 

[001 8] FIGS. 5-7 illustrate ANC systems for reducing « of a 7 sample delay, based on a sampling frequency of 
electrical motor/engine noise, reducing engine noise 10,000 Hz, has extended the frequency stability region 
and enhancing audio program deliveries, respectively, to from 70 to 1400 Hz, as compared to the region 70 to 
in accordance with the invention. 170 Hz with no delay. However, further expansion of the 

frequency stability region beyond the 1400 Hz is not 
DETAILED DESCRIPTION OF THE PREFERRED 20 achievable with the use of a single insertion of delay. 
EMBODIMENT This is because a bulk delay has a phase response of 

a straight line with its slope proportional to the delay val- 
[0019] FIG. 1 depicts the frequency domain analog, ue. Consequently, there is a limited range of frequencies j 

for explanatory purposes, of an adaptive noise canceller for which a single value of the bulk delay can stabilize 

(ANC) 50, more fully described in U.S. Patent 25 the composite phase response of the system. On the j 
5,117,401, which does not require a training mode. The other hand, if the disturbance signal is partitioned, inac- ; 

frequency domain analog is discussed to illustrate the cordance with this invention, into two (or more) separate 

frequency stability regions of this canceller. The noise x frequency bands prior to input to two adaptive filters 

(n) from a noise source is passed through a fast Fourier which are structured to operate independently in parallel 

transform (FFT) function, and the resulting FFT cornpo- 30 with two different delays, it is then possible to suppress 
nents x w (n) are passed through the acoustic channel, a disturbing signal which has frequency components 
represented as block 54, with a channel transfer f unc- higher than 1 400 Hz. 

tion PGo>). The ANC system 50 includes a microphone [0023] FIG. 3 depicts a block diagram of an ANC sys- 
58 with itstransferfunctionH M (jw) and a speaker 60 with tern 100 implemented in the time domain and embody- 
its transfer function H s (j<o). The acoustic channel 54 in- 35 jng this multiple adaptive filter scheme. ANC system 1 00 
herently performs the combining function 56 of adding operates to cancel noise acoustic energy generated by 

the channel response to the negative of the speaker ex- a noise source 90, which propagates over an acoustic 
citation. The microphone 58 responds to the combined channel indicated by block 92, by generating acoustic 
signal from combiner 56. The Fourier components are cancelling energy with a speaker 152. The acoustic i 
also passed through an adaptive LMS filter 62 with 40 channel inherently subtracts the acoustic energy emit- 1 
transfer function G(ju>). The filter weights are updated ted by ANC speaker 1 52 from the noise energy emitted 
by the microphone responses, delayed by a time delay by source 90. The system 100 includes a microphone 
A (66). 154 which detects the error, i.e., the residual acoustic 

[0020] It can be shown that the adaptive filter 62 of energy, and feeds back an electrical error signal to the 
the ANC system 50 of FIG. 1 is stable in the frequency ANC signal processing channels 120 and 1 40. The sys- 
regions in which the real part of the product of the ml- tern 100 further includes a sensor 110 for sensing the 
crop hone-speaker and the delay line transfer functions noise energy emitted by the source 90. The sensor out- 

is positive, i.e., Real{exp(jcaA)H m (jo)H s (ju>)}>0. A corol- put signal is fed to the channels 120 and 140 which op- 

lary to this inequality is that the phase of {exp(jcoA))H m erate over different portions of the frequency band. The 

(jo>) H s (jo>)} must lie inside (2n7i-ic/2, 2n7i+rc/2) f n-1, 2, so outputs of the respective channels 120 and 140 are 
i.e., the right side of the complex plane. The phase of summed at node 150 to cancel over a larger bandwidth 

{exp(j<oA)H m (ja>) H 5 (jco)] is plotted in FIG. 2, where H m than either channel could separately, and the combined 

(jw) and H s (jo>) are modeiied by aTchebychev and a But- output drives the speaker 152. 

terworth filter, respectively. In this example for the "no [0024] The ANC system 100 of FIG. 3 effectively par- 

delay" case, i.e., A=0, the stability regions of the adap- 55 titions the disturbance signal band into two separate fre- 
tive filter can be found by locating the phase of {exp(jo>A) quency bands, with one adaptive filter operating in one 
H m (jo))H s (j(o)} within the stippled bands of FIG. 2. and band, and the other adaptive filter operating in the sec- 
they fall approximately from 1 to 2 Hz, 1 7 to 42 Hz, 70 ond band. This partition is achieved with the use of two 



[0014] FIG. 1 illustrates, in the frequency domain, an 
adaptive noise canceller (ANC) employing a delay in the 
weight updating to remove the necessity for a training 
mode. 

[0015] FIG. 2 illustrates, for the canceller of FIG. 1, 5 
the phase response of the product of the speaker-mi- 
crophone and time delay transfer functions. 
[0016] FIG. 3 is a simplified schematic block diagram 
of an adaptive noise cancellation system with parallel 



500CID: <EP 062277SB1J_> 



3 



EP 0 622 779 B1 



pairs of matching bancfcass filters at the inputs to the 
adaptive filters and the output of the error microphone. 
These pairs of bandpass filters should have pass band 
characteristics that are consistent with their respective 
frequency stability regions so that the adaptive filters are 
not excited by out-of-band energy thereby resulting in 
filter instability. 

[0025] FIG. 4 illustrates the ANC signal processing 
channel 120 in further detail. Channel 140 is similar to 
channel 1 20, except that the bandpass filters are tuned 
to a different frequency band, and accordingly need not 
be described further in detail. Channel 120 includes a 
pair of bandpass filters 121 and 130. Filter 121 filters 
the signal from the noise source sensor 110, and filter 
1 30 filters the signal from the error microphone 1 54. The 
filters are constructed to have identical pass bands. The 
filtered signals are digitized by respective A/D conver- 
ters 122 and 131. The digitized signal from converter 
1 22 drives a recursive adaptive LMS filter 1 38 which em- 
ploys the LMS algorithm. The filter 1 38 comprises a 
feed-forward adaptive filter 123, a feed-backward adap- 
tive filter 132, and a summing node 124, and is updated 
in the manner described in "An Adaptive Recursive LMS 
Fiftcr," by P.L. Fointuch, IEEE Proceedings, Vol. 64, No. 
11, November 1976. The signal from convenor 122 is 
also delayed by delay 1 25, and the delayed digitized sig- 
nal is an input to the weight update logic 126. The digi- 
tized signal from convertor 131 is provided as an input 
to the weight update logic 126 and to the weight update 
logic 134. 

[0026] The weight update iogic 1 23 serves to provide 
the updated weights for the adaptive LMS filter 1 23. The 
filter 123 output is summed at summing node 124 with 
the output from adaptive fitter 132 in a recursive rela- 
tionship, with the summed signal driving the filter 132. 
The summed signal also is delayed by delay 133, and 
then provided to the weight update logic 1 34 as another 
input. The digital summed signal is also converted into 
an analog signal by digital-to-analog convertor (DAC) 
1 35. The converted analog signal is in tu m summed with 
the outputs from the other channel 140 at combiner 150, 
and the combined signal from both channels drives the 
cancelling speaker 152. 

[0027] The channel 120 operates in the same manner 
as the recursive noise cancefler system 40 shown in 
FIG. 4 of U.S. Patent 5,1 17,401, except that the system 
40 does not employ bandpass filters as in channel 120. 
[0028] For the exemplary embodiment in FIGS. 3 and 
4, consider the case where the bandwidth of the distur- 
bance is from 70 to 3200 Hz. An ANC system comprising 
one adaptive filter will not be capable of handling the 
bandwidth since there is no single delay value that can 
provide sufficient phase compensation over a band- 
width of that size. Using the invention described herein, 
it is now possible to do so. For this example, bandpass 
filters 121 and 130 have bandwidth of 70 to 1300 Hz. 
The corresponding bandpass filters for channel 140 
have a bandwidth of 1 300 to 3200 Hz. Delay circuits 1 25 
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and 1 33 introduce a delay equal to 7 samples (at a sam- 
ple rate of 1 0,000 Hz), while the corresponding delay 
circuits for channel 140 introduces a delay equivalent to 
4 samples (see FIG. 2 for the phase response of these 
delay values). This will provide active noise suppression 
over the entire 70 to 3200 Hz band without requiring a 
training mode. This invention can be further generalized 
to have a structure which contains multiple parallel 
adaptive filters. 

[0029] FIG. 5 illustrates a first exemplary application 
for an ANC system 200 in accordance with the invention. 
In this application the system 200 is used to cancel noise 
from t. noise source such as an electric motor or an en- 
gine ' 90. Here, a reference sensor 202 is used to meas- 
ure the noise signals from the noise source 190. The 
error microphone 204 is placed at the point in space at 
which the noise signal Is to be cancelled. A speaker 206 
is placed adjacent the noise source 1 90, and is connect- 
ed to the ANC signal processing circuit 21 0 which drives 
the speaker with appropriate drive signals so as to pro- 
duce cancelling signals which cancel the noise from the 
noise source 190. 

[0030] The ANC circuit 210 comprises the first and 
second ANC channels 120 and 140 and adder 150 of 
the system shown in FIG. 3. Circuit 210 receives input 
signals from the reference sensor 202 and the error mi- 
crophone 204. 

[0031] FIG. 6 shows a second exemplary application 
for an ANC system 250 in accordance with the invention, 
used to reduce the engine noise emitted from an auto- 
mobile engine 240 via the automobile tailpipe 245. In 
this system, the reference sensor252 is placed adjacent 
the engine, and the error microphone is place adjacent 
the tailpipe 245 near the tailpipe opening. The speaker 
256 is located in an opening in the tailpipe between the 
engine and the error microphone 254, for emitting an 
anti-noise soundwave to cancel engine noise. The 
speaker 256 is driven by the ANC signal processing cir- 
cuit 260. The circuit 260 receives input signals from the 
reference sensor 252 and the error microphone 254. 
The ANC circuit 260 comprises the first and second 
ANC channels 1 20 and 1 40 and adder 1 50 of the system 
of FIG. 3. 

[0032] FIG. 7 shows a third exemplary application for 
an ANC system 300 In accordance with the Invention, 
used In a stereo headphone set 290 to cancel a disturb- 
ing noise soundwave. In this system, the headphone 
speakers 306 are used to produce the reduced noise 
soundwave. A reference microphone 302 is attached to 
the headphone bridge element connecting the respec- 
tive ear pieces. The error microphones 304A and 304B 
are attached adjacent the respective speakers 30 6A 
and 306B to sense the reduced noise soundwave, in 
this system, the outputs from the respective ANC signal 
processing circuits 308A and 308B are added by adders 
300A and 300B to the respective left and right audio data 
signals, provided as a communication message or mu- 
sic from left and right sources 295A and 295B. The com- 
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bined signal in the respective channel drives the respec- 
tive headphone speaker 306A and 306B. Each ANC sig- 
nal processing circuit 308 A and 308 B r as in the preced- 
ing examples, comprises ANC channels 120 and 140 
and adder 150 of FIG. 3. The circuits 308A and 308B 
receives input signals from the respective reference 
sensor 302A or 302B and the error microphone 304A or 
304B. The ANC circuits generate a noise cancelling 
waveform which drives a respective speaker 306 A or 
306B, along with the desired sound waveform from the 
respective source 295A or 295B. Of course, the inven- 
tion may be used with a monaural headphone set, re- 
quiring only a single ANC signal processing channel. 
[0033] It is understood that the above-described em- 
bodiments are merely illustrative of the possible specific 
embodiments which' may represent principles of the 
present invention. For example, a noise canceller In ac- 
cordance with the Invention can alternatively be Imple- 
mented in the frequency domain. Other arrangements 
may readily be devised in accordance with these prin- 
ciples by those skilled in the art without departing from 
the scope of the invention as defined in the appended 
claims. 



Claims 



an error sensor (154) for generating an error 
signal, 

an acoustic output device (152) for generating 
a canceling acoustic signal, 

a plurality of adaptive filter channels (1 20, 1 40) 
responsive to said noise sensor signal and said 
error signal, each channel restricted to opera- 
tion over a predetermined frequency sub-band 
comprising said noise bandwidth and produc- 
ing a channel output signal; and 

means (150) for combining said plurality of 
channel output signals to provide a combined 
signai for driving said acoustic output device 
(152) to generate said canceling acoustic sig- 
nai, 

characterized in that 

each channel employs delay in the updating of 
adaptive filter weights to achieve stability in opera- 
tion in said frequency sub-band over which said 
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An active noise canceller system (100) for sup- 
pressing noise over a predetermined noise band- 
width, comprising: 30 

a noise sensor (110) for generating a noise sen- 
sor signal indicative of said noise to be sup- 
pressed, 



35 



40 



so 



55 



channel operates, 

wherein the respective delay values for the respec- 
tive channels are different delay values. 

A canceller system according to Claim 1 , further 
characterized in that each channel (120, 140) fur- 
ther comprises bandpass filter means (1 21 , 1 30) for 
filtering said noise sensor signal and said error sig- 
nal so as to pass only signal frequency components 
within respective frequency sub-band for said chan- 
nel, thereby restricting said channel to operation 
over said frequency sub-band. 

3. A canceller system according to any preceding 
claim, further characterized In that each said 
channel (1 20, 1 40) comprises recursive adaptive fil- 
ter means (138). 

4. A canceller system according to any preceding 
claim, further characterized In that said frequency 
sub-bands cover said noise bandwidth. 

5. A canceller system according to any preceding 
claim, further characterized in that each channel 
(120, 140) further comprises delay means (125) for 
providing a delayed version of said noise sensor 
signal delayed by a predetermined delay, adaptive 
filter weight update logic means (126) responsive 
to said delayed version of said noise sensor signal 
for updating adaptive filter weight inputs to adaptive 
filter means (123) comprising said channel. 

6. A canceller system according to Claim 1 , wherein 
said plurality of adaptive filter channels is further 
characterized by: 

a first cancellation channel (120) coupled to 
said noise sensor (1 1 0) and said acoustic sen- 
sor (154), said first channel comprising a first 
bandpass filter means (121) for filtering said 
noise sensor signals, said first filter having a 
first pass band, a second bandpass filter means 
(130) for filtering signals generated by said 
acoustic sensor, said second filter having said 
first pass band, a first delay means (125) for 
delaying said first bandpass filtered noise sen- 
sor signals by a preselected first time delay, and 
first adaptive filter means having a plurality of 
inputs coupled to said first and second band- 
pass fitter means (1 21 , 1 30) and said first delay 
means (125), and providing a first filter output; 
and 

a second cancellation channel coupled to said 
noise sensor and said acoustic sensor, said 
second channel comprising a third bandpass 
filter means for filtering said noise sensor sig- 
nals, said third filter having a second pass 
band, fourth bandpass filter means for filtering 
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said acoustic sensor signals, said fourth fitter 
having said second pass band, second delay 
means for delaying said third bandpass filtered 
noise sensor signals by a preselected second 
time delay, and second adaptive filter means 
having a plurality of inputs coupled to said sec- 
ond bandpass filter means, said acoustic sen- 
sor and said second delay means, and provid- 
ing a second filter output. 

A canceller according to Claim 6 wherein said first 
adaptive filter means comprises a pluraJity of first 
filter weights, and first weight update logic means 
(126) responsive to said second bandpass filtered 
signals from said acoustic sensor for adjusting said 
firstfilterweights, said second adaptive filter means 
comprises a plurality of second filter weights, and 
second weight update logic means responsive to 
said fourth bandpass filtered signals from said 
acoustic sensor for adjusting said second filter 
weights. 
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8. A canceller according to Claim 7, further character- 
ized in that said first time delay does not equal said 
second time delay. 25 

9. A canceller system according to Claim 7 or Claim 
8, further characterized In that said first and sec- 
ond filter output signals are digitized signals, and 
said combining means (150) comprises a digital 30 
adder means. 

10. A canceller system according to Claims 7, 8 or 9, 
further characterized In that said first adaptive fil- 
ter means comprises a recursive adaptive filter 35 
means (138) comprising: 

a first adaptive filter (123) responsive to said 
first bandpass filtered noise sensor signals and 
comprising a plurality of first adaptive filter *o 
weight inputs, said first adaptive filter providing 
a first adaptive filter output; 
a first weight update logic means (1 26) respon- 
sive to said delayed first bandpass filtered 
noise sensor signals and to said second band- ^ 
pass tittered acoustic sensor signals for adap- 
tively updating said first adaptive filter weight 
inputs; 

a second adaptive filter (132) for providing a 
second adaptive filter output; so 
means (124) for combining said first and sec- 
ond adaptive filter outputs to provide said first 
fitter output; 

said second adaptive filter responsive to said 
first filter output and comprising a plurality of 55 
second adaptive filter weight inputs; 
third delay means (133) for providing a delayed 
version of said first filter output which is delayed 



by a third predetermined time delay; 
a second weight update logic means (134) re- 
sponsive to said delayed version of said first fil- 
ter output and to said second bandpass filtered 
acoustic sensor signals f or adaptively updating 
said second adaptive fifter weight inputs. 



Patentanspruche 

1. Aktives Schallunterdnuckungssystem (100) zum 
Unterdriicken von Schall uber eine vorbestimmte 
Schallbandbreite, umfassend: 

einen Schallsensor (1 1 0) zum Erzeugen eines 
Schallsensorsignales, das den zu unterdrtik- 
kenden Schall angibt, 

einen Fehlersensor (154) zum Erzeugen eines 
Fehlersignals, 

ein akustisches Ausgabegerat (152) zum Er- 
zeugen eines unterdruckenden akustischen Si- 
gnales, 

eine Vielzahl von Adaptivfilterkanalen (120, 
140), die auf das Schallsensorsignal und das 
Fehlersignal ansprechen, wobei jeder Kanal 
auf einen Betrieb uber ein vorbestimmtes Fre- 
quenzunterband, das die SchalJbandbreite um- 
fasst, eingeschrankt ist, und ein Kanalausga- 
besignal erzeugt; und 

Mittel (150) zum Kombinieren der Vielzahl von 
Kanalausgabesignafen, um ein kombiniertes 
Signal zumTreiben des akustischen Ausgabe- 
gerates (152) bereit zu stellen, um das unter- 
druckende akustische Signal zu erzeugen, 

dadurch gekennzeichnet, dass 

jeder Kanal bei der Aktualisierung von Adaptivfilter- 

gewichtungen eine Verzogerung anwendet, um 

Stabilitat im Betrieb in dem Frequenzunterband, in 

dem der Kanal arbeitet, zu erzielen, 

wobei die jeweillgen Verz6gerungswerte fur die je- 

weiligen Kanale verschiedene Verzogerungswerte 

sind. 

. Unterdruckungssystem nach Anspruch 1 , wefterhin 
dadurch gekennzeichnet, dass 
jeder Kanal (120, 140) ferner Bandpassfiltermittel 
(121, 130) umfasstzum Filtern des Schallsensorsi- 
gnals und des Fehlersignals, um nur Signalfre- 
quenzkomponenten innerhalb des jeweiligen Fre- 
quenzunterbandes fur den Kanal durchzulassen, 
wodurch der Kanal auf dem Betrieb in dem Fre- 
quenzunterband eingeschrankt wird. 
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3. Unterdruckungssystem nach einem der vorherge- 
henden Anspruche, weiterhin 
dadurch gekennzeichnet, dass 
jeder Kanal (120, 140) rekursive Adaptrvfiltermfrtel 
(138) umfasst. 5 

4. Unterdruckungssystem nach einem dervorherge- 
henden Anspruche, weiterhin 
dadurch gekennzeichnet, dass 
die Frequenzunterbander die Schallbandbreite ab- 10 
decken. 

5. Unterdruckungssystem nach einem der vorherge- 
henden Anspruche, weiterhin 

dadurch gekennzeichnet, dass 15 7. 

jeder Kanal (120, 140) ferner Verzogerungsmittel 
(125) umfasst zum Bereitstellen einer verzogerten 
Version des Schailsensorsignals, das urn eine vor- 
bestimmte Verzogerung verzdgert ist, und Adaptiv- 
fiitergewichtungsaktualisierungslogikmittel (126), 20 
die auf die verzogerte Version des Schallsensorsi- 
gnals ansprechen, zum Aktualisieren der Adaptiv- 
firtergewichtuhgseingabesignale fur die Adaptivfil- 
termittol (123), die den Kanaf umfassen. 

25 

6. Unterdruckungssystem nach Anspruch 1 , wobei die 
Vielzahl von Adaptrvfirterkanalen weiterhin 
gekennzeichnet Ist durch: 

8. 

einen ersten Unterdruckungskanal (120), der 30 
mit dem Schallsensor (110) und dem akusti- 
schen Sensor (154) verbunden ist, wobei der 
erste Kanal erste Bandpassfiltermittel (121) 
zum Filtern der Schallsensorsignale umfasst, 9. 
wobei der erste Filter ein erstes Durchlassband 35 
aufweist, wobei der erste Kanal ferner zweite 
Bandpassfiltermittef (130) umfasst zum Filtern 
von Signalen, die von dem akustischen Sensor 
erzeugt sind, wobei der zweite Filter das erste 
Durchlassband aufweist, wobei der erste Kanal *o 
ferner erste Verzogerungsmittel (1 25) umfasst 10. 
zum Verzogern der ersten bandpassgefilterten 
Schallsensorsignale um eine vorausgewahlte 
erste Zeitverzogerung, und wobei der erste Ka- 
nal weiterhin erste Adapt Ivfiltermitt el umfasst, 45 
die eine Vielzahl von Eingangen aufweisen, die 
mit den ersten und zweite n Bandpassfiltermit- 
teln (121, 130) und den ersten Verzogerungs- 
mittefn (125) verbunden sind, und ein erstes Fil- 
terausgabesignal lief em; und 50 

einen zweiten Unterdruckungskanal, der mit 
dem SchaHsensor und dem akustischen Sen- 
sor verbunden ist, wobei der zweite Kanal dritte 
Bandpassfiltermittel umfasst zum Filtem der 55 
Schallsensorsignale, wobei der dritte Filter ein 
zweites Durchlassband aufweist, wobei der 
zweite Kanal weiterhin vierte Bandpassfilter- 



12 

mittel zum Filtern der akustischen Sensorsi- 
gnale umfasst, wobei der vierte Filter das zwei- 
te Durchlassband aufweist, wobei der zweite 
Kanal weiterhin zweite Verzogerungsmittel um- 
fasst zum Verzogern der dritten bandpassgefil- 
terten Schallsensorsignale um eine vorausge- 
wahlte zweite Zeitverzogerung, und wobei der 
zweite Kanal weiterhin zweite Adaptivfiltermit- 
tel umfasst, die eine Vielzahl von Eingangen 
aufweisen, die mit den zweiten Bandpassfilter- 
mitteln, dem akustischen Sensor und den zwei- 
ten Verzogerungsmitteln verbunden sind, und 
ein zweites Filterausgabesignal liefern. 

Unterdruckungssystem nach Anspruch 6, wobei die 
ersten Adaptivfiltermittel eine Vielzahl von Filterge- 
wichtungen umfassen sowle erste Gewichtungsak- 
tualrsierungsloglkmittel (126), die auf die zweiten 
bandpassgefilterten Signale von dem akustischen 
Sensor ansprechen, zum Einstellen der ersten Fil- 
tergewichtungen, wobei die zweiten Adaptivfilter- 
mittel eine Vielzahl von zweiten Filtergewichtungen 
umfassen, und zweite Gewichtungsaktualisie- 
rungslogikmrttel, die auf die vierten bandpassgefil- 
terten Signale von dem akustischen Sensor an- 
sprechen zum Einstellen der zweiten Filtergewich- 
tungen. 

Unterdruckungssystem nach Anspruch 7, weiterhin 
dadurch gekennzeichnet, dass 
die erste Zeitverzogerung nicht gleich der zweiten 
Zeitverzogerung ist 

Unterdruckungssystem nach Anspruch 7 oder 8, 
weiterhin 

dadurch gekennzeichnet, dass 

die ersten und zweiten Filterausgabesignaie digita- 
lisierte Signale sind und die Kombiniermittel (150) 
digitale Additionsmittel umfassen. 

Unterdruckungssystem nach Anspruch 7, 8 oder 9, 
weiterhin 

dadurch gekennzeichnet, dass 

die ersten Adaptivtiitermittel rekursive Adapt ivfilter- 
mfttel (138) umfassen, die enthalten: 

einen ersten Adaptrvfilter (123), der auf die er- 
sten bandpassgefitterten Schallsensorsignale 
anspricht und eine Vielzahl von ersten Adaptiv- 
filtergewichtungseingangen umfasst, wobei 
der erste Adaptivfilter ein erstes Adapt ivfiiter- 
ausgabesignal bereitstellt; 

erste Gewichtungsaktualisierungslogikmittel 
(126), die auf die verzogerten ersten bandpass- 
gefilterten Schallsensorsignale und die zweiten 
bandpassgefilterten Akustiksensorsignale an- 
sprechen zum adaptiven Aktualisieren der er- 
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sten Adaptivfiltergewichtungseingangssignale; 

einen zweiten Aclaptivfifter (132) zum Bereit- 
stellen eines zweiten Adaptivfilterausgabesi- 
gnafes; 5 

Mittel (124) zum Kombinieren der ersten und 
zweiten Adaptivfilterausgabesignale, urn das 
erste Filterausgabesignal bereitzustellen; 2. 

10 

wobei der zweite Adaptfvf liter auf das erste Fil- 
terausgabesignai anspricht und eine Vielzahl 
von zweiten Adaptivfiltergewichtungseingan- 
gen aufweisti 

15 

dritte Verzogerungsmfttel (133) zum Berettstel- 
Jen einerverz6gerten Version des ersten Fiiter- 
ausgabesfgnals, das urn elne dritte vorbe- 
stimmte Zeitverzogerung verzogert tst; 

20 3. 

zweite Gewichtungsaktualisierungslogikmittel 
(1 34) , die auf die verzogerte Version des ersten 
Fifterausgabesignafs und auf die zweiten band- 
passgcfiiterten AkustiksensorsignaJe anspre- 
chen, zuradaptiven Aktualisierung der zweiten ^5 
Adaptivfirtergewichtungseingabesignale. 4. 



R eve ndi cat ions 

1 . Systeme domination de bruit actif (1 00) pour sup- 
primer le bruit sur une largeur de bande de bruit pre- 
deterrninee, comprenant : 



30 



5. 



un detecteur de bruit (110) pour generer un si- 35 
gnal de detecteur de bruit indicatif dudit bruit 
devant etre supprime, 

un detecteur d'erreur (1 54) pour generer un si- 
gnal d'erreur, 

un dispositif de sortie acoustique (1 52) pour ge- 40 
nererun signal acoustique d'elimination, 
une pluralite de canaux de filtre adaptatif (120, 
140) reagissant audit signal de detecteur de 6. 
bruit et audit signal d'erreur, chaque canal etant 
restreint au fonctionnement sur une sous-ban- «5 
de de frequence predeterminee comprenant la- 
dite fargeur de bande de bruit et produisant un 
signal de sortie de canal ; et 
des moyens (150) pour combiner ladite plurali- 
te de signaux de sortie de canal afin de delivrer so 
un signal combing pourattaquer ledrt dispositif 
de sortie acoustique (152) afin de generer ledrt 
signal acoustique d'elimination, 



caracterise en ce que : 

chaque canal emploie un retard dans la remise 
a jour de poids de filtre adaptatif afin d'obtenir 



55 



une stabilite de fonctionnement dans ladite 
sous-bande de frequence sur laquelle fonction- 
ne ledit canal, 

dans lequel les valeurs de retard respectives 
pour les canaux respectifs sont des valeurs de re- 
tard differentes. 

Systeme d'elimination selon la revendication 1 , ca- 
racterise de plus en ce que chaque canal (120, 
140) comprend de plus des moyens formant filtre 
passe-bande (121, 130) pour fiitrer ledit signal de 
detecteur de bruit et ledit signal d'erreur de facon a 
ne transmettre que les compos antes de frequence 
de signal a i'interieur de la sous-bande de frequen- 
ce respective pour ledrt canal, de facon a restrein- 
dre par consequent ledit canal au fonctionnement 
sur ladite sous-bande de frequence. 

Systeme d'elimination selon Tune quelconque des 
revendications precedentes, caracterise de plus 
en ce que chacun desdits canaux (120, 140) com- 
prend des moyens formant filtre adaptatif recursif 
(138). 

Systeme d'elimination selon Tune quelconque des 
revendications precedentes, caracterise de plus 
en ce que lesdites sous-bandes de frequence cou- 
vrent ladite largeur de bande de bruit. 

Systeme d'elimination selon rune quelconque des 
revendications precedentes, caracterise de plus 
en ce que chaque canal (120, 140) comprend en 
outre des moyens de retard (1 25) pour delivrer une 
version retardee dudit signal de detecteur de bruit 
retardee d'un retard predetermine, des moyens fo- 
giques de remise a jour de poids de f litre adaptatif 
(126) reagissant a ladite version retardee dudit si- 
gnal de detecteur de bruit en remettant a jour des 
entrees de poids de filtre adaptatif vers des moyens 
formant filtre adaptatif (123) composant ledit canal. 

Systeme d'elimination selon la revendication 1, 
dans lequel ladite pluralite de canaux de filtre adap- 
tatif est de plus caracterisee par : 

un premier canal d'elimination (120) couple 
audit detecteur de bruit (1 1 0) et audit detecteur 
acoustique (154), ledit premier canal compre- 
nant des premiers moyens formant filtre passe- 
bande (121) pour fiitrer lesdits signaux de de- 
tecteur de bruit, ledit premier filtre comportant 
une premiere bande passante, des deuxiemes 
moyens formant filtre passe-bande (130) pour 
fiitrer les signaux generes par ledit d6tecteur 
acoustique, ledit deuxieme fiitre comportant la- 
dite premiere bande passante, des premiers 
moyens de retard (1 25) pour retarder lesdits si- 
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gnaux de detecteur de bruit filtres par une pre- 
miere bande passante d'un premier retard de 
temps preselectionne, et des premiers moyens 
formant filtre adaptatif comportant une pluralite 
d'entrees couplees auxdits premier et deuxie- 5 
me moyens formant filtre passe-bande (121, 
130) et auxdits premiers moyens de retard 
(1 25), et delivrant une premiere sortie de filtre ; 
et 

un deuxieme canal d'elimination couple audit 10 
detecteur de bruit et audit detecteur acousti- 
que, (edit deuxieme canal comprenant des troi- 
siemes moyens formant filtre passe-bande 
pour filtrerlesdits sfgnaux de detecteur de bruit, 
ledit troisieme filtre comportant une deuxieme 1$ 
bande passante, des quatriemes moyens for- 
mant filtre passe-bande pour filtrer lesdits si- 
gn aux de detecteur acoustique, ledit quatrieme 
filtre comportant ladite deuxieme bande pas- 
sante, des deuxiemes moyens de retard pour 20 
retarder lesdits sign aux de detecteur de bruit 
filtr6s par une troisieme bande passante d'un 
deuxieme retard de temps preselection ne, et 
des deuxiemes moyens formant filtre adaptatif 
comportant une pluralite d'entrees couplees 25 
auxdits deuxiemes moyens formant filtre pas- 
se-bande, audit detecteur acoustique et 
auxdits deuxiemes moyens de retard, et deii- 
vrant une deuxieme sortie de filtre. 

30 

7. Dispositif d'elimination selon ia revendication 6, 
dans lequel lesdits premiers moyens formant filtre 
adaptatif comprennent une pluralite de premiers 
poids de filtre, et des premiers moyens logiques de 
remise a jour de poids (126) reagissant auxdits 35 
deuxiemes signaux filtres par une deuxieme bande 
passante venant dudit detecteur acoustique en 
ajustant lesdits premiers poids de filtre, lesdits 
deuxiemes moyens formant filtre adaptatif com- 
prennent une pluralite de deuxiemes poids de filtre, 40 
et des deuxiemes moyens logiques de remise a jour 
de poids reagissant auxdits signaux filtres par une 
quatrieme bande passante venant dudit detecteur 
acoustique en ajustant lesdits deuxiemes poids de 
filtre. 45 



10. Systeme d'elimination selon la revendication 7, 8 ou 
9, characterise de plus en ce que lesdits premiers 
moyens formant filtre adaptatif comprennent des 
moyens formant filtre adaptatif recursif (138) 
comprenant : 

un premier filtre adaptatif (123) reagissant 
auxdit signaux de detecteur de bruit filtres par 
une premiere bande passante et comprenant 
une pluralite de premieres entrees de poids de 
filtre adaptatif, ledit premier filtre adaptatif deii- 
vrant une premiere sortie de filtre adaptatif ; 
des premiers moyens logiques de remise a jour 
de poids (126) reagissant auxdits signaux de 
detecteur de bruit filtres par une premiere ban- 
de passante retardes et auxdits signaux de de- 
tecteur acoustJque filtres par une deuxieme 
bande passante en remettant a jour de facon 
adaptative lesdites premieres entrees de poids 
de filtre adaptatif ; 

un deuxieme filtre adaptatif (132) pour delivrer 
une deuxieme sortie de filtre adaptatif ; 
des moyens (124) pour combiner lesdites pre- 
miere et deuxieme sorties de filtre adaptatif afin 
de delivrer ladite premiere sortie de filtre ; 
ledit deuxieme filtre adaptatif reagissant a ladi- 
te premiere sortie de filtre et comprenant une 
pluralite de deuxiemes entrees de poids de fil- 
tre adaptatif ; 

destroisiemes moyens de retard (133) pour de- 
livrer une version retardee de ladite premiere 
sortie de filtre qui est retardee d'un troisieme 
retard de temps predetermine ; 
des deuxiemes moyens logiques de remise a 
jour de poids (134) reagissant a ladite version 
retardee de ladite premiere sortie de filtre et 
auxdits signaux de detecteur acoustique filtres 
par une deuxieme bande passante en remet- 
tant a jour de facon adaptative lesdites deuxie- 
mes entrees de poids de filtre adaptatif. 



8. Dispositif d'elimination selon la revendication 7, ca- 
racterise de plus en ce que ledit premier retard de 
temps n'est pas egaf audit deuxieme retard de 
temps. so 

9. Systeme d'elimination selon la revendication 7 ou 
la revendication 8, caracterise de plus en ce que 
lesdits premier et deuxieme signaux de sortie de fil- 
tre sont des signaux numerises, et en ce que lesdits ss 
moyens de combinaison (150) comprennent des 
moyens formant additionneur numerique. 
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